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1 INTRODUCTION

A, Objective

This study is aimed at the broad goal of the DoD Secure Voice Con-
sortium to develop hardware models of improved narrow-band voice coders.,
The study is focused on the "pitch and voicing” problem. The objective
is to conceive and demonstrate the feasibility of two or more impioved
strategies to estimate ard encode the excitation parameters of human
speech. The decoded parameters will be used to excite a time-varying

vocal tract "filter" in the synthesizer.

B. Background

Lk Difficulty of Pitch Extraction

"Fundamental frequency analysis--or 'pitch extraction'--is a
problem nearly as old as speech analysis itself, Tt is one for which a
complete solution remains to be found,” br, J. L. Flanagan's observation
a decade ago remains true tndny.l* Speech analysis-synthesis systems
have nct gained user acceptance because speech quility and naturalness
suffer in such systems. The "machine-like" qualiiv and inability to
recognize the talker inhibits user acceptance. Flunagan writes: "The
seat of the difficulty is largely the extraction of excitation informa-
tion--that is, the pitch measurement and the voiced-unvoiced discrimina-

tion., The difficult problem of automatic pitch extraction is well known.

The device must faithfully indicate the fundamental of the voice over a

*
Re ferences are listed at the end of this report.
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l frequency range of almost a decade (if male and female voices are to be

handled) and over a large range of signal intensity,"

2h The Stationary Model

The speech waveiorm is produced by exciting the linear, time-
varying vocal tract filter, v(t,7), with an excitation function, e(t),
that exhibits a noise-like or periodic impulse character. The observed

speech is given by the convolution integral
si(ith) = jv(t,?) e(r)dr a (1)

The character of e(t) changes slowly with time, at syllabic rates. Simi-
larly, the vocal tract filter is articulated slowly, Thus, the speech
signal may be subdivided into intervals during which both excitation and
vocal tract appear stationary. The analysis-synthesis strategy is to
segment and analyze successive short-time stationary "fram:s" into ex-
citation, e(t), and vocal tract, v(t), components for transmission over

a reduced capacity channel and subsequeit synthesis of the reconstructed

: . : : : d A
speech. Two basic strategies for coding the excitation signal, e(t), are:

* Transmit a signal, é(t), that contains the natural
pitch and voicing structure, The most common
example of this strategy would be simply to
encode the residual by pulse code modulation
(PCM). The adaptive predictive coding (APC)
method of Atal and Schroeder is another example.2

* Transmit only the coded feature-extracted
parameters [pitch trequency and voiced/unvoiced
(V/UV) decision] estimated from &(t) or directly
from s(t). In the synthesizer, &(t) is generated
from knowledge of the pitch parameters, The
most common example of this strategy is the

pitch extractor used in the channel vocoder,
However, with the linear predictive coding

e ML TV g peesar W T e —
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(LPC) method, pitch can be extracted by performing
an autocorrelation analysis on the residual.
Transmitting pitch ard voicing parameters is
efficient, requirirf, only 150 to 700 bits/s

of transmission capacity,

This study seeks to ircreasc: the quality of synthesized speech

by developing improved concepts and algorithms for estimation and coding

a representation of the exeitation component of the human speech signal,

€ Scope

This excitation study will concentrate on the feasibility of tech-
niques that process the speech residual. The speech residual will con-
tain primarily excitation information, since the majority of formant in-
formation will already have been extracted, The type of formant extrac-

tor implemented will be linear predictive,

Two areas of investigation are distinguished by their processing
memory: (1) short-term memory and (2) long-term memory. Examples of
the former are differential pulse code modulation (DPCM) and adaptive
delta modulation (ADM). Examples of the latter are autocorrelation and

average magnitude distance function (AMDF) processing,

g Short-Term Memory

This area of the excitation study considers coding techniques
that use one to several residual time samples of memory, This excitation
coding takes advantage of short-time redundancy and uses a simple redun-
dancy removal processor, Consistent with this approach are techniques
that determine V/UV excitation, In this case, a white noise generator

would be used at the synthesizer to produce unvoiced speech,

Due to the restricted memory, development of an effeetive fea-

ture extraction system with short-term memory processing is not possible,

3




Consequently, modestly high rates are required to encode the residual

that is used to generate the excitation function,

2 Long-Term Memory

This area of the excitation study concentrates on the examina-
tion of coding techniques that use a time interval of the residual at
least 2 ms in duration. These techniques use the relatively long-time
correlation of the residual and more complex processors than the short-
term memory techniques. Consistent with this area of investigation is
the extraction of pitch-pulse location, frequency, and amplitude from
the residual autocorrelation function., These parameters, along with
voicing decisions, would be quantized for coding and then transmitted to

the synthesizer,

D. Outline of the Report

The long-term memory approach results are presented i Section II.
Following an introduction, subsections are devoted to (1) delay-lock
loop tracking of pitch pulses, (2) deconvolution to obtain the glottal
pulse, (3) generalized waveform tracking, and (1) formant-isolation
analysis. No complete system simulation is based on the results of the
long-term memory approach. Nevertheless, many useful results were ob-

tained and are presented in Section 11,

By contrast, a very successful complete system simulation has been
performed for short-term memory encoding. Section 111 is devoted to

this system and to several of its modifications, Conclusions based on

our research are presented in Section 1V,
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IT LONG-TERM MEMORY APPROACH

A, Introduction

N Summary of Results

Research in the long-term memory approach has been pursued
along two basic paths, With the first approach, the major emphasis is
applied to the problem of tracking a deconvolved glottal pulse waveshape
extracted from the prediction error or residual signal. With the second
approach, the baseband of the input speech is processed so that the harm-
ful effects of formants on pitch tracking are alleviated. We will now

consider these two approaches in greater detail.

Initially, pitch extraction could be viewed in the time domain
as a problem of time-of-arrival estimated; i.e., precise location in
the time domain of pitch pulses provides at least the required informa-
tion and perhaps moro.* The average (short-term) period between pitch
pulses is usually sufficient, just as the average (short-term) frequency
is usually sufficient. As a result, the feasibility was considered of
employing the delay-lock loop to track the glottal waveshape present in
the residual.” The delay-lock loop, a generalization of the phase-lock

loop, is capable of tracking arbitrary waveforms and comsequently is

appropriate for glottal waveshapes.

*
A potential advantage of the time-of-arrival approach is that it per-

mits precise placement of pitch puises on an absolute time scale. Thus,
pitch synchronous analysis is possible to perform, i{ desired.




However, the following problem areas were uncovered. First,
it is necessary to deconvolve the efrects of the vocal tract to produce
| the glottal waveshape in the prediction residual, and this may not always
. be possible. In addition, it mav not be possible to find an archetvpe
glottal waveshape that can be used as reference waveform in the delay-
; lock loop. It is very likely that a waveform can be tound that will
permit locking. However, as the glottal waveshape changes with pitch,
stress, and phoneme, a signiticant time base lag or shift should result.

The lag (or lead) will depend on the true glottal waveshape at that time.

Second, it was noted that the delay=lock loop faced a tremendous

acquisition problem. The pitch can vary by almost a decade, c.g., 50 to

3 500 Hz, posing a serious frequency acquisition problem. Even if it were
possible to remove the frequency acquisition problem (by ncquisition
aids and multiple delav-lock loops), a significant phase acquisition
problem exists. The basic problem arises because speech is transient
in character, with many starts and stops. Phase-lock and delay-lock
loops are basically steady-state tracking systems that are not noted

for their good acquisition performance.

Third, the large dynamic range in speech causes some serious
implementation problems for the delay-lock loop. For example, for a
50-Hz pitch glottal waveshape, the closed-loop frequency response must
be very narrow if it is to avoid the same [requency (100 Hz) present at
the correlation multiple output. With this narrow closed-loop response

the acquisition time is unacceptably large.

In summary, several serious problems with the delayv=-lock loop
approach were discovered. Most of these problems can be solved. llow-
ever, it is questionable whether solving these problems represents the
most effective overall solution to the overall pitch extraction problem.

Most serious of these problems is the requirement that the glottal

P L L G . TP, ooy



waveshape be undistorted in the residual. Consequently, the effort on
the delay-lock loop was ceased pending successful generation of a re-

sidual with the character of the glottal waveshape.

The next major step was to attempt to deconvolve the efflects
of the vocal tract transfer function and to produce the desired glottal
waveshape. The sclected approach was to use a non-Toeplitz LPC analysis
during force-free periods of the excitation function. Numerous experi-
ments were performed on synthetic speech. The results were completely
successful even when the speech model contained zeros as well as poles.
Failure occurred only for the test cases in which a strong level of

excitation was maintained.

Based on the above results with synthetic speech, numerous
tests were made on real speech.  In 2o case was suecess achieved. llow-
ever, in some cases (the most likely to produce the desired results)

there was a tendency to generate the desired glottal waveshape. 1t was

*
later discovered that the reason for the uni form failure was that the

residual needed to be integrated once to account for the diflerentiation
associated with the radiation resistance. If the waveforms had been
integrated, the glottal waveshape would have been recovered and the high-
frequency noise effects reduced in magnitude. Later tests were performed
that demonstrated the glottal waveshape when the residual was applied

to a low-pass filter, rather than an integrator. flowever, the success

of this experiment depended critically on the acoustical recording en-

vi ronment.

It was also learned that the glottal waveshape could be re-

covered in another fashion. Rather than looking for a force-frce period,

*
1t was expected that the proposed approach might fail for some or many

segments of real speech if the glottal stop did not occur.




one might perform an LPC analysis over several pitch periods so that the
excitation could be more nearly modeled as a steady-state, rather than

a transient, process. In this case, preemphasis on the speech signal
essentially removed the effect of the excitation trom the LPC analysis.
Thus, the LPC parameters would characterize the vocal tract. The pre-
emphasis, together with the ditferentiation, produces a 12 dB per octave
increase that offsets the average 12 dB per octave decrease associated
with the typical excitation source (glottal waveshape). Consequently,
the effective excitation is white, and the LPC analysis models only the
vocal tract. As a result, the residual when twice integrated produces
the desired glottal waveshape. The validity of this approach has been

*
demonstrated on our lnterdata 70 simulations.

} Note that either the above-averaging or the torce-free approach
can produce the desired results on speech recorded under ideal situations.
However, if significant phase distortion is present due to room acoustics
or electronics, the glottal waveshape may not be recognizable. Thus,
pitch extraction techniques based on time-domain wavetorms can encounter
severe problems. Of particular concern is phase distortion due to acous-

tic environment, e.g., multipath due to reflections in the room.

The problem with phase distortion suggested yet another con-
cept. Rather than use the time-domain waveform, one might measure the
short-term (20 to 50 samples) residual energy. Peridic dips in the
magnitude of the energy would be a strong indicatica that one wuas in a
period of little excitation. Similarly, peaks weuld be indicative of

being in the region of glottal excitation. Even this approach is somewhat

*
Our simulations were conducted either on the SRI-A1 PDP-10 or on the
Interdata 70 speech processing facility, whichever was most advantageous
! for the task.




sensitive to serious phase distortion. 11 the multipath is sulliciently
bad, no lorce-free periods will exist; in this case no dips in the short-

term prediction residual energy will be readi:y apparent.

Unlortunately, before the short-term prediction error energy
approach to pitch extraction could be tested, all resources were redi-
reeted to the short-term memory approach. As a result, no lurther

progress has been made with this approach to long-term memory pitch ex-

traction,

The second basic path was to employ formant-isolation tech-

niques on the time-domain pitch extraction problem. One of the problems

|
E
¢

associated with pitch extraction, or rather pitch-pulse piruacement, is
that destructive interference can occur between the impulse responses
from the first and second formants. In this case, placement of the

piteh pulses becomes difficult, and nonunilform pulse placement may re-

. —"'\wi!'""'-*‘

=

sult even in the presence of constant pitch. This problem is particularly

-

serious when the first and second formants are closely located in fre-

quency.

An approach to this problem is to track the formants and to
place narrow-band bandpass filters around each of the two lower formants.
Thus, the destructive interference from adjacent formants can be avoided.
This concept was tested and tried with some success. Tt was possible
to use a simple pitch-pulse placement algorithm (of the Gold and Rabiner
typc)4 on the output of each of the lomant-isolation filters. However,

seme pitch errors did occur and manual intervention was required. 1t

AL AR, T G Fred DR Rt ST

appeared possible co handle many of these problem areas by a properly
designed automatic algorithm. Tapes of the resulting quality speech

have been demonstrated at several technical review meetings. Obviously,

further improvements are required.




The major problems associated with the formant-isolation ap-

proach are (1) the loss of time resolution due to the use of narrow-band
filters, (2) the possibilitv of formant errors, (3) the complexity of

the procedure, and (4) the fact that the proposed approach does not solve

all of the pitch extraction problems. Due to the redirection of resources

to the short-term memory approach, the formant-isolation concept has not

been pursued further.

2. Summary of the Pitch Extraction Problem

The pitch extraction problem has existed for many years in
vocoder research. It has been responsible for unacceptable quality and
intelligibility. Although numcrous attempts have been made to solve the
problem and some progress has beer made, reliable pitch extraction still

*
remains a problem.

The following list presents conditions that makes the problem

more difficult than it might appear to the inexperienced researcher:

¢ Lack of fundamental frequency component
¢ Phase distortion of the signal

e Background additive electrical noise

¢ Background acoustic noise

¢ Multiple simultaneous speakers.

Extraction of pitch from the speech itself may be difficult

for one or more of the following reasons:

¢ Rapid change of formants.

e Rapid change of pitch.

»
The V/UV decision is included as part of the pitch extraction process.

.
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* A voiced fricative.

* A difficult phoneme, such as 'r’/, which can possess
both turn-on and turn-off excitation components.,

* Input speech that is very nearly sinusoidal, causing
the residual to be extremely small, since a sinusoidal
wave is very predictable.

* Proximity of first and second formants, which may

cuuse destructive interference effects,

As a result of any of the above conditions, the pitch extractor
will make errors--possibly in the V/UV decision or in the sclected pitch
frequency. Typical errors are the choice of z harmonic, or possibly a
subharmonic, of the tirue pitch frequency. Although these errors might
occur rather infrequently, the listener is sensitive to these mistakes

and to this unacceptable quality that results,

The long-term memory research reported in the following sections

is devoted to solving some of the more important problems described above.

3. Fundamental Types of Pitch Extraction Algorithms

Two fundamentally different pitch extractors exist. The first,
and most common, is the relative pitch extractor, which is cailed rela-
tive since it determines the pitch periods but not the absolute location
of the pitch pulse marks. Thus, only relative (or differential) pitch
pulse timing information is conveved., Autocorrelation, SII-"I‘,5 and the

Gold/Rabiner pitch extractors are examples of the relative approach.

The second is the absolute pitch extractor. It places pitch
pulse marks absolutely in time, much as one would do when hand marking
pitch pulses. A technique based on peak picking from the time-domain

waveform is an example of the absolute approach.

The absolute approach permits synchronous analysis and may

also yield improved voice quality by correctly placing the first pitch

11
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pulse in a voiced segment. This could be an advantage for speech with
rapid and frequent V/UV/V transitions. Plosives, possibly, can be
handled better with absolute pitch extraction. The major disadvantage

is that an excessive bit rate is required if the absolute locaticn of
each pitch pulse is transmitted, a particularly serious problem for
high-pitched speech. Furthermore, a variable (dependent on the piteh)
data rate system will result, This is accepteble for asynchronous com-
munication systems, such as packet switching, but it causes considerable
problems for conventional synchronous communication systems. In addition,
the absolute pitch extraction approach is more sensitive to channel phase
distortion than is the relative approach. For example, phase has no

ef fect on the autocorrelation pitch extractors, which responi only to

the signal power spectrum.

The relative approach provides synchronous rate piteh informa-
tion with a low information rate, independent of the pitch of the speech.,
In most implementations it is not overly sensitive to channel phase dis-
tortion. Most relative pitch extractors have inherent smoothing that
provides a degree of noise immunity. Disadvantages of the relative ap-
proach are that (1) the pitch might be too uniform due to the smoothing,
(2) the smoothing window may have problems handling rapid transient
phonemes, such as plosives, and (3) pitch synchronous analysis is not

possible.

Both relative and absolute approaches are considered in the
following sections on pitch extraction. However, it is assumed that
only relative information is encoded for transmission over the link

since this results in a much lower and synchronous data rate.




B. Delay~Lock Loop Tracking of Pitch Pulses

g Initial Feasibility Analysis

The feasibility of using a delay-lock loop (DLL) as an automatic

pitch tracker has been studied at SRI (see Figure 1).

Pitch

Residual LPF
( ) Fls) Voo

x(t) d x(t FUNCTION |
— f————
dt GENERATOR
SA-1526-28

FIGURE 1 DLL PITCH TRACKER

The possible advantages of DLL tracking of pitch pulses are

as follows:

¢ Once acquisition is made, the pitch frequency can
be tracked correctly and automatically.

/ DLL pitch tracking can be an attractive approach
{ in the presence of background noise.

* If one uses a relative approach to pitch extraction
(e.g., autocorrelation) and thus loses the absolute
location of the pitch pulses, the pitch pulse place-
ment at the beginning of voiced sounds at the syn-
thesizer could be a problem because no reference
signal is available. However, the DLL approach
avoids the above difficulty by using the output of
the function generator as a reference.

13




On the other hand, several expected difrficulties of using a

DLL as a pitch tracking device are as follows:

e« The speech or residual waveform is too complex for
the DLL to track. To have a proper operation it
appears necessary to have a reasonably well shaped
unipolar excitation pulsc wave extracted from either
error signal or speech input.

e Frequency acquisition must be made within several
pitch periods. However, according to a preliminary
calculation, the acquisition time seems very long,
particularly for high pitched speeches.

» The frequency range of speech signal covers many
octaves from as low as 50 Hz to over 400 Hz. Yet
the maximum frequency acquisition range of a DLL
of practical interest is narrow compared with the
range of pitch variation.

The discriminator characteristic of a DLL 1is obtained through

the following relationship:

T
%T— (R (1] = g: %/ e(t) x(t = T)dt
A
i
_%[ e(t) d—X(;—T-_—-Q'dt R . @

(0]

Assuming an ideal condition, where we have obtained a glottal pulse wave
from speech signals and the function generator generates a similar wave-
form (see Figure 2), we may plot the discriminator characteristic, Rei(T)
(see Figure 3). The region of major interest in the discriminator charac-
teristic is the part having a positive slope, particularly near 7 = 0

where the lock will be achieved. Figure 3 shows that the function Rei(T)
is approximately linear for small values of 7. One can regard the posi-

tive slope region as the essential diseriminator that causes the voltage
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FIGURE 2 IDEALIZED GLOTTAL WAVE

controlled oscillator (VCO) to correct its frequency. Note that the
loop may lock onto one of the incorrect positive slope regions, causing
error and ambiguity. In this case, the loop wiil tend to make an optimum
estimate, not of the delay between the two signals, but of the delay plus

or minus some integral multiple of the pitch period, T.
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FIGURE 3 DISCRIMINATOR CHARACTERISTICS

With the discriminator characteristic obtained above, a graph
of acquisition time versus initial frequency oftset, Af, has been con-
structed (Figure 4), based on the work of Mengali.” The DLL has been

assumed to be a second order system with a proportional-plus-integral
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loop filter. No noise is assumed to be present in the system. Figure

5 is a graph showing the maximum frequency pull-in range versus the
ratio between the ac gain and the dc gain of the loop filter, FO, using

5
an approximate formula
2

R K
Af ™ —— ¥ (R .“) (3)
m m 0 ex

where

Rm is the amplitude of the diseriminator characteristic

K is the open loop gain

(R .2) is the mean-squarcd value of R .(T).
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The freguency acquisition time seems prohibitively long for pitch track-
ing (Figure 4). For low pitched speech with small initial frequency
orfset, the problem may not be as bad as expected. However, for high
pitched signals, the long acquisition time seems unacceptable even when
the frequency detuning is small. One possible method of shortening the
time is to use a signal acquisition aid, such as VCO sweeping, or a

technique that uses frequency diiference measurements.

The VCO sweeping approach cannot be fast enough to solve the
problems unless multiple passes (probably more than two) are permitted
with the same input data, which requires more and faster computation
than is desired. If the frequency difference between the input and the
reference signal can be accurately estimated on the first pass, it should
be possible on the second pass to avoid the delay-lock loop frequency
acquisition problem on the second pass. Nevertheless, a serious delay
(or phase for the case of phase-lock loop) acquisition problem exists.
For a phase-lock loop, the phase acquisition time is bounded from above
by 4/BL, where BL is the equivalent noise closed-loop bandwidth. De-
pending on waveshape, the delay-lock acquisition time may be considerably

more than this bound.

Another disturbing observation (see Figure 5) is that the maxi-
mum frequency acquisition range is narrow compared with the fundamental
frequency range of speech signals. Consequently, we might need an auxil-
iar frequency tracker or a parallel frequency tracker with each VCO
quiescent frequency set at different values to reduce a large initial
frequency detuning. The bank of paralleled delay-lock loops (each tuned
to a different frequency) avoids the necessity for a two-pass analysis
at the price of greatly increased equipment complexity. Unfortunately,

the problem of delay acquisition remains.
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In summary, DLL tracking can be an attractive approach to pitch
extraction of speech signals, particularly in the presence of background
noise. However, for successful implementation of the approach, the fol=-
lowing problems must be resolved.

¢ Extraction of unipolar glottal pulses from

voiced speech.

¢ Acquisition aids for rapid signal acquisition.

* Frequency pull-in range.

* Trade-~off between the system complexity and its

performance.

The next section presents one approach to alleviating the

acquisition problem. Beyond this effort, no further work was performed,

pending the successful extraction of glottal pulses from voiced speech.

2. An Acquisition Aid for DLL Pitch Tracking

Due to DLL's long acquisition time and small pull-in range of
pitch (note that these two difficulties are contradictory), an acquisition
aid or a double pass scheme appears necessary for a real-time DLL opera-
tion. One approach is an auxiliary frequency tracker using the auto-

correlation method (see Figure 6).

The purpose of an autocorrelator in the DLL tracker is to
estimate the fundamental frequency, Fo’ of the input signal, X(t), and
to feed Fo to VCO so that the initial frequency detuning between the
input pitch and the quiescent frequency of VCO can be minimized. Since
the role of the autocorrelator is to facilitate a rapid acquisition, its
pitch estimation need not be very accnrate. lowever, its accuracy must
be within 10 Hz to acquire the signal within one or two pitch periods.
Consequently, the proposecd autocorrelation will have a relatively less
sophisticated decision scheme compared with other algorithms using auto-

correlation, e.g., SIFT. The autocorrelator will operate only in the
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FIGURE 6 DLL PITCH TRACKER WITH AUTOCORRELATION ACQUISITION AID

acquisition mode; i.e., it will be active only when the discriminator
characteristic exceeds some threshold value in the case of a large fre-
quency offset. The DLL will thereafter track the voiced input signal,
assuming the role of smoothing and fine adjustment for synchronization

of phase as well as frequency.




The delay time of the autocorrelator will be set at T = 20 ms
(corresponding to the lowest fundamental frequency, 50 Hz) so that the

autocorrelation process will be averaged over at least one pitch period

of the input signal with the frequency range of 50 to 400 Hz. Because
of the delay caused by the autocorrelation process, we need a butfer for
the input signal to DLL to achieve synchronization. 1In addition, we
need an in-lock indicator to prevent extraction of erioneous pitch in-

formation.

Of course, V/UV decisions are assumed ‘o have been made before
the signal arrival at the input of the DLL. Employing the DLL as a V/UV
detector does not appear possible. Using an in-lock indicator as a V/UY
detector would not be a reliable method because a voiced signal could
be out of lock. The V/UV dichotomy can be made separately before the
signal arrival by measuring the normalized error energy and comparing
it with a threshold or by measuring the zero crossing density of speech
input; e.g., when more than two zero crossings/s occur, the speech is

*
classified as unvoiced.

Cs Deconvolution to Obtain the Glottal Pulse

As noted in the previous scction, a glottal pulse waveshape in the
residual signal must be obtained if the time-of-arrivzsl approach is to
be successful. Without this waveshape, design of a delav-lock loop
tracking system will bhe impossible. If it is possible to get the glottal
pulse waveshape, then it is also possible to use other, perhaps simpler,

pitch extraction routines--simple time-domain peak picking, for example.

*
¢ Markel claims that the zero crossing density method gives almost 100

Q
percent accuracy for V/UV decision.
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The glottal pulse waveshape can be obtained by deconvolving the
effects of the vocal tract from the received speech, best accomplished
by using 2n inverse filter, i.e., the filter whose transfer function
is the inverse of the vocal tract transfer function. The inverse filter
can be best realized as a one-step prediction error filter. The tap

gains in the transversal-filter predictor correspond to the LPC parameters.

A difficulty arises in obtaining the proper set of LPC parameters;
i.e., unless the correct analysis is performed, these parameters will
characterize both the vocal tract transfer function and the glottal
excitation spectrum. In this case, the inverse filter will not provide
the desired glottal pulse waveshape. The LPC parameters required by the
inverse filter are those characterizing only the vocal tract transfer
function. A description follows of two LPC analyses that can produce

the desired parameters.

115 Force-Free Analysis for Vocal Tract Deconvolution

Linear predictive analysis has frequently been thought of as
a statistical analysis procedure for random processes. It is, in fact,
nothing more than a regression analysis of an autoregressive random
process. However, the speech process is not necessarily a completely
random process. i.e., all speech signals cannot be modeled by a white
random process driving a linear all-pole filter that shapes the spectrum.
In fact, for the large majority of phonemes (e.g., voiced sounds) the
speech process is really deterministic. A deterministic forcing function
drives a deterministic (but unknown) linear, all-pole filter. Thus, a
method is desired to identify the coefficients that describe the deter-

ministic linear filter.

The non-Toeplitz LPC analysis proposed by Atal and Hanauer is

a least mean-square error analysis approach.9 Note that the least




mean-square approach is general and can be applied to either determinis-
tic or random processes. The least mean-square error approach proposed

by Atal and Hanauer assumes that the input process is generated by an all-
pole filter. 1If the non-Toeplitz LPC analysis is applied during portions
of speech when no foreing function is present, the LPC parameters so
derived will perfectly characterize the vocal tract. This assumes, ot
course, that the vocal tract can be modeled by an all-pole filter. This

is often a good approximation.

If the observed speech process is perfectly described by the
linear system decay (from 12 initial conditions) of a 12th order all-
pole recursive filter, a 12th order non=Toeplitz LPC analysis will charac-
terize the vocal tract perfectly and will produce zero mean-square erroyr
in the prediction process. That is given a past history of 12 sumples
and one or more new observations, one can predict these new observations

perfectly,

The above result can be applied to the problem of pitch ex-
traction. One could attempt to select the analysis interval to corre-
spond to a force-free period.nnd derive the vocal tract characterization
perfectly. One could then use these LPC parameters to derive 2 predic-
tion residual that produces the glottal excitation waveshape. A variety
of simple pitch extraction schemes, such as time-domain peak picking,
could then be applied. This approach suffers from (1) difficulties in
finding the force-tree interval, (2) the possible lack of a force-rree
period for some phonemes and speakers, (3) some phonemes that require
zeros as well as poles for perfect prediction, and (4) acoustic and

electrical phase shifts that might destroy the existence of force-free

periods.,

The force-frec method of analysis was tried on synthetic speech,

using a simple time-share program. A non-Toeplitz LPC analysis was

R e B L T
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performed first on speech generated with an all-pole filter. Perfect
coefficient estimation and zero prediction error resulted as long as
the analyzer included more coefficients than the source model and no

excitation was present.

Next, the LPC analysis was tried when the speech model included
a few zeros. By shifting the force-free analysis period (in time to
avoid the effect of the zeros), it was possible to obtain perfect pole
coefficient estimation and zero prediction error. Only a few zeros were
used for computational convenience. Obviously, the results could be
extended to the required number of coefficients. The true model for
voiced speech is the autoregressive moving-average (ARMA) model. %he
zeros are used to model the excitation waveshape, which can be produced
by a series of impulse functions (at the pitch rate) driving a transversal
(or finite impulse response) filter. A large number of zeros may be
required since the glottal pulse typically occupies 40 percent of the
pitch period. For a 10-kliz sampling rate and a 100-Hz pitch signal,
40 zeros are required. A fow additional zeros may be required for nasal-

ized phonemes or for other phonemes with acoustic side branches.

Finally, synthetic speech was generated so that a low level

(adjustable parameter in the program) excitation was present. Thus,

no truly force-free period existed. The LPC analysis was then run at

low excitation levels (exact value selectable by operator), and the LPC
parameters and the normalized prediction error energy were measured. As
expected, the normalized prediction error was no longer zero but increased
to a value that was dependent on the level of the constant excitation.

The LPC parameters were no longer correct. The magnitude of the error
tended to depend on the magnitude of the constant background excitation

level.

This final test with synthetic speech was designed to test the
sensitivity of the proposed approach to excitation that might always
24




be present. Typically the glottal pulse occupies from 30 to 70 percent
of a pitch period; however, it has been shown that there is great variety
in waveshapes. Frequently no true glottal stop exists; this condition

was approximated by constant background excitation.

In general, so long as the background level stayed below 10
percent of the peak of the glottal pulse, reasonably good results were
possible; i.e., it was possible to use the energy of the prediction
residual over a short window (above 20 to 50 samples) as an accurate
indicator of the relatively force-free periods. This does not necessarily
mean that each LPC parameter is accurately estimated nor does it mean that
the residual has a desirable waveshape for time-domain peak picking. 1In
fact, it suggests an extremely attractive possibility for pitch extrac-

tion.

This possibility is described in detail in Section II, of this
report. The Appendix describes a SUPER BAS1C time-share program designed
to test the above results; this program was also used to generate the

data presented in Section D.

Before leaving the problem of glottal pulse deconvolution, we

will consider the following alternative to force-free analysis.

2. Spectral Averaging for Vocal Tract Deconvolution

Rather than attempt to find force-free analysis periods, one
can minimize the effect of glottal excitation ky performing the proper
averaging. First, a large analysis block with several glottal pulses
present is required to meaningfully consider the spectrum of the excita-
tion signal. The typical glottal source has a spectral characteristic
that falls off at approximately 12 dB per octave. However, the effec-
tive value is only 6 dB per octave since the radiation resistance asso-

ciated with launching the acoustic wave from the lips can be approximated
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by a zero. If preemphasized analysis is used, the 6 dB per octave rise
with the frequency tends to cancel the effect of the glottal source.*
Thus, in theory, it should be possible to reproduce approximately the
glottal pulse if an overlapped, Hamming-windowed, pitch-asynchronous

non-Toeplitz analysis is performed (with a window size of approximately

20 to 30 ms) on preemphasized speech.

This approach to glottal wave deconvolution was first reported
by Allen and Curtis,10 who successfully demonstrated glottal waveshapes
obtained by this method. It is somewhat surprising that this averaging
and spectrum cancellation effect works as well as it does. Apparently
the LPC parameters that describe the vocal tract can have some error,

yet still produce good glottal waveshapes.

A similar system has been employed on our Interdata 70 computer
with good results. Figure 7(a) illustrates the glottal wave reconstructed
from the residu .’ signal. Note that it does not possess the shape of the
true glottal pulse because (1) no preemphasis was employed and (2) a
four-pole, Butterworth low-pass filter with 3-dB cut off at 800 Hz was
used instead of a simple integrator. It is interesting that desirable
residual waveshapes (for pitch extraction) are obtained in spite of these

major differences from the approach proposed by Allen and Curtis.'”

Figure 7(b) illustrates another low-pass filtered residual

obtained in the same fashion; the only difference is in the data processed.

*In practice, the spectrum of the glottal source does not fall off at
exactly 12 dB per octave. Furthermore, the spectrum changes with time
depending on phoneme, emotional state, and pitch. However, a reasonably
good cancellation is possible in spite of the above problem.

However, the waveshape is sufficiently simple that a time-domain peak
picker will suffice for pitch-pulse placement.
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FIGURE 7 DECONVOLVED GLOTTAL WAVESHAPES

For this case, the speech was recorded in the far field of a microphone
located in a "live" room, i.e., a room with several acoustic reflections.
As a result, the low-pass filtered residual is a heavily phase-distorted
version of the glottal waveshape. Building a simple time-domain peak

picker for locating pitch pulses is not possible.

Thus, if the glottal pulse deconvolution approach to pitch
tracking is to be successful, proper precaution is necessary to avoid

serious electrical and acoustic phase shifts.

Another possible method of canceling the effect of the glottal
source zeros on the LPC analysis is based on the theory of ARMA processes.
The theory derived for determining the poles and zeros of an ARMA process
can be applied to the present problem. One method of finding the poles

is to use the Yule-Walker equations.11 These equations are essentially

identical to the Toeplitz form of the linear predictive equations except




that the correlation coefficients are shifted in time to avoid the effect

of the zeros. The equations are

p
R a R for d =¥ to £« . pn
JZ 1] 31| ‘
i=1

where £ is the number of zeros.

Since the required number of zeros is large (p > 40), this ap-
proach is not particularly attractive. However, this concept might be
combined with the previous approach, i.e., preemphasis and analysis
based on a large window. In this case, a fewer number of zeros might
model the excitation source spectral deviation from a -12 dB per octave
characteristic. Thus, for example, one might be able to use the sug-
gested analysis approach of Curtis and Allen, but instead of solving
the standard autocorrelation equations, one would solve the Yule-Walker
equations for zeros and poles. This combined analysis approach may vield

even better LPC parameters for characterizing the vocal tract.

We halted efforts on the ahove-described hybrid approach,
pending consideration of the effects of phase distortion due to acoustic

multipath, and so forth, on the residual [see Figure 7(b)].

The next section considers an alternative to deconvolving the

effects of the vocal tract and to producing the glottal pulse waveshape

as the prediction residual.

Generalized Waveform Tracking

As previously noted, a perfectly produced glottal pulsc shape in
the residual signal may not bc possible. For example, phase distortion
may prevent the desired waveforms. Our goal here is more modest--merely

to produce a signal that permits time-of-arrival estimation.




Radia ol e T L e

e

pa—
=

Eaahadis N

I e,

"y

The concept is best approached from the delay-lock loop point of
view. It is possible to construct a delay-lock loop if the received
waveform is known. 1In this section, we present a generalized waveform
tracking approach (i.e., an extension of the delay-lock loop) that can
opcrate on arbitrary unknown waveforms. The goal is to find a time-of-
arrival discriminant function based on some measure of the input. The
oniy assumption is that the received signal (speech) is produced by an

impulse exciting an all-pole recursive filter of order p, or less.

1S Force-Free Theory

This section presents a discriminant technique based on the
normalized error energy in the LPC analysis. The LPC analysis used is
a special type. The analysis block, N, represents a very few samples,
approximately 25. The selected size must be small enough for the block
to be phased in time so that only transient decaying waveforms are ob-
served; i.e., a force-free period is processed. The size must be large
enough so that adequate data is present to extract 10 to 14 coefficients.
A non-Toeplitz LPC analysis was used since it yields correct coefficients,

rather than approximations.

Assume that the observed speech waveform is generated by an
excitation waveform (whose off-period is at least 25 samples) driving
an all-pole p-stage recursive filter where p < 25. If the LPC analysis
block is phased in time properly, the one-step prediction error energy
over this data block should be essentially zero. This is the case since
the input waveform is deterministic and the least-squares approach will
predict it perfectly. However, if the analysis block includes some ex-
citation, incorrect linear predictive coefficients will be obtained.
A much larger error energy will result due to the incorrect coefficients
and to the presence of the excitation energy. Thus, it would appear

possible to obtain pitch synchronizing information by performing such
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an analysis based on each input data sample, i.e., a true sequential

analysis.

Figure 8 is a block diagram of the discriminant analyzer. New
outputs are obtained each data sample. One output is the discriminant

function D(k) given by

I' Bik) « E(k)/Ro(k) (5)
; where
N~1
i 2
f Ro(k) = Z s (k ~ n) (6)
n=0
and
N-~1
2
B = E e (k - n) . (7)
n=0

It is inferred that E(k) and e(k ~ n) are based on a(k), i.e., the most
recently optimized LPC vector. Consequently, a new LPC analysis must

be performed for each data sample.

The discriminant function, or normalized short-term residual
power, can be used for pitch extraction by looking for periodic nulls,
It is expected that the relatively force-free intervals would occur
periodically at the pitch rate. This approach requires a sizable amount
of calculation; one LPC analysis per data sample is needed. However,
the computational increase is not as great as one would expect; i.e.,
the amount of computation is not increased by a factor corresponding
to the number of data samples per analysis block (approximately 100 to
250). Thz number of data samples in the autocorrelation evaluation is
significantly reduced to approximately 25. Since the autocorrelation

evaluation is the largest computational load, this reduction is
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FIGURE 8 BLOCK DIAGRAM OF DISCRIMINANT ANALYZER

significant. Nevertheless, a sizable calculation problem remains. The
most realistic method of reducing the calculation is to shift the narrow
data window by multiple samples; shifts of 2, 3, 4, or 5 samples are

reasonable values to try.

It is worth noting that Sobakin has derived a pitch extractor

in a similar fashion.'® He shows extremely good results for some test

phonemes. The major difference is that he uses the determinant of the
convariance matrix, rather than the prediction residual energy. There
is, of course, a close relation between these two measures. The former
is the product of the eigenvalues of the covariance matrix, while the
latter is the sum. Thus, low values in one case should lead to low
values in the other. Consequently, there is good reason to believe that

the approach mav work.

The most significant question about the force-free method is
how well it will work in the presence of significant acoustic distortion

or electrical phase distortion, or hoth. The prediction model does not
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include zeros to represent these effects. As a result, even in a truly
force-free interval, a finite prediction residual energy will result.
Consequently, the ability to distinguish between forced and unforced
intervals will be degraded by vhe presence of this phase distortion.

It is unclear how significant these effects will be in practice. Under
most circumstances, they are not expected to create serious difficulties.
However, transmission of speech from a remote location over poor quality

lines may result in a serious problem.

An alternative approach to the sequential analyzer (or match-
filter concept) of Figure 8 is a tracking system. Using this tracking
system (once it acquires), one need not compute D(t) for each time sample.
Rather, two discriminnnts——Dl(t) and Dz(t)——urc used to generate a time-
base control voltage. The concept is closely related to delay-lock loop
tracking systems where Dl(t) = D(t + b) corresponds to an early channel
and Dz(t) = D(t - b) corresponds to a late channel. Figure 9 shows a
hypothesized excitation function (its timing is the quantity of interest)
and the hypothesized discriminant function, D(t). Note that, during the
excitation phase, D(t) is very close to zero. Thus, it should be pos-
sible to track the transition (from forced to force-free operation) by
requiring Dz(t) to be large and Dl(t) to be approximately zero. Table 1
shows the control voltage that could be applied to a VCO so that the LPC

*
analysis remained in lock at the correct spot.

Clearly, much more work is required to develop such a tracking
system. Questions exist about the control policy and the size of the
parameters, such as b, N, and p (the number of poles). Before pursuing
this approach, one must establish whether the basic discriminasnt will

function with real speech.

*
Note that it is not necessary to maintain perfect timing. It is only

necess.a1y to keep the analysis block within the force-free phase of
the excitation wave.
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FIGURE 9 HYPOTHESIZED WAVEFORMS FOR THE EXCITATION FUNCTION AND THE
DISCRIMINANT FUNCTION ILLUSTRATING THE RELATIVE PHASING

Table 1

CONTROL POLICY

Control Voltage Effect

D.(t D (t
1( ) 2( ) on Time Base

High High Speed up
High Low Speed up
Low Low Slow down
Low High Stand still
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21 Test Results with Synthetic Speech

Before trying the discriminant concept on real speech, we
experimented with synthetic speech so that the desired parameters could
be selected and the results checked. Perfect results with synthetic
speech having a force-free period should be possible. Our first set of
results was obtained with synthetic speech with force-free periods.
Later experiments were performed with synthetic speech generated by

continuous excitation.

a. Excitation with Force-Free Periods

The synthetic speech was created by driving a linear
filter with a very simple excitation waveform. Pulses of unit height
were placed to produce a rectangular glottal pulse of the desired width.
This crude approximation to the true glottal waveshape was adequate to

evaluate the desired effects while being computationally simple.

The following paragraphs report test results obtained
under a variety of conditions. Tests were run with speech generated
from all-pole and pole-and-zero models. In some cases, the analyzer
size was grcater than the synthesizer size, in others it was equal, and

in the rest it was smaller.

An example of the effect of using an inadequate analyzer
size was run to determine if this destroyed the character of the dis-
criminant function. The number of data samples was set equal to 50,
while the analysis block size was set at 25. A two-tap analysis was
applied to three-tap synthetic speech. The three synthesizer coefficients
were 0.25, -0.9, and 0.1. Five pitch pulses were placed at samples 21,
22, 23, 24, and 25. Thus, the first analysis block contained excitation,
while the second block was force-free. The discriminant function of

the first block was 0.5954 and that of the second block was 0.00585,
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showing that a clear distinction can be made on the basis of the dis-

criminant function.

The problem was then rerun with the five pitch pulses
relocated at samples 22, 23, 24, 25, and 26. Thus, the second analysis
block contained one excitation pulse. The discriminant of the first block
was 0.4239 and that of the second block was 0.4687, which showed the dis-
criminant function to be very sensitive to the presence of only one ex-

citation pulse.

As a further check, the problem was run again, but with
different synthesizer coefficients. In this case they were selected to
be 0.25, -0.8, and 0.15. Otherwise the runs were identical. For the
first run the discriminants of the first and second blocks were 0.493
and 0.0314, respectively. For the second run they were 0.429 and 0.708,
respectively. Thus, the discriminant continued to be a sensitive indica-

tor of the presence ol a forcing function, or excitation pulse.

Test cases were run with synthetic speech containing zeros
obtained by passing the output of an all-pole recursive filter through
a transversal filter. The number of taps and their values are control-
lable as program inputs. For all cases run, two taps with weightings

of one and two were used.

For all runs, the number of data samples was 30 and the

block size was 25; the four synthesizer coefficients were 0.25, -0.9,

0 and 0. (Note that this is really just a two-tap synthesizer.) The

analyzer size was two (unless otherwise noted).

For the first run, five pitch pulses were placed at loca-
tion 21, 22, 23, 24, and 25. The discriminants of the first and second
blocks were 0.359 and 0.352, respectively, thus proving that the dis-

criminant is not a reliable indicator in this situation. However, the




next run tested an idea related to the effect of zeros that showed the

discriminant could still be used.

In the second run, the five pitch pulses were shifted by
one sample to locations 20, 21, 22, 23, 24, In this case, the discrim-
inants of the first and second blocks were 0.384 and +1.8 E-10,

respectively.

In the third run, the analyzer was increased to size four
while the pitch pulses were shifted back to locations 21, 22, 23, 24,
and 25. The discriminants of the first and second blocks werc 0.476
and 0.8770, respectively. Thus, increasing the analyzer size did not

help.

In the fourth run, the analyzer size remained at four
while the pitch pulses were shifted by one to locations 20, 21, 22, 23,
'nd 24. The discriminants of the first and second blocks were 0.171 and
1.7 E-10, respectively. Thus, good discrimination remained even when

the order of the analyzer exceeded that of the synthetic speech.

One approach to designing a robust analysis system is
to use an underpowered analyzer. The hypothesized advantage of this
approach cai be best described as follows. If the analyzer is over-
powered by the input speech, it will tend to use its extra poles to
model the excitation wave in the input speech. 1In this case, the error
energy discriminant might not be large enough to permit separation of
forced and forced-free periods.* To avoid the problem, one may wish to
use an underpowered analyzer. The basic question is how sensitive our

discriminant function is to matching the analyzer size to the dimension-

ality of the input signal.

*
On reflection, this does nov appear to be a serious threat. 1In spite
of the motivation, the experiment described is of interest.
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For this series of three runs, the number of data samples
was 50 and the analysis block size was 25. The synthesized signal con-
tained two complex pole pairs. The four coefficients were 1.2, -1.66,

0.972, and -0.689. The analyzer size was two.

In the first run, five pitch pulses were located at samples
21, 22, 23, 24, and 25. The discriminants in the first block and second
block were 0.213 and 0.124, respectively. Thus, some separation between
forced and force-free periods was maintained even though the analyzer

was underpowered.

In the second run, the five pitch pulses were shifted by
one sample to locations 22, 23, 24, 25, and 26. Thus, no force-free
analysis blocks occurred. The discriminants in the first and second
blocks were 0.146 and 0.186, respectively. Note how sensitive the dis-

criminant was to the presence of a single excitation pulse.

A third run was performed with the pitch or excitation
pulses shifted to 23, 24, 25, 26, and 27; i.e., two excitation pulses
existed in the second analysis block. The discriminants in the first
and second blocks were 0.102 and 0.180, respectively. 1In spite of three
excitation pulses in the first analysis block, it produced a lower dis-
criminant than the discriminant for the second analysis block (force-
free) in the first run. This discouraging result indicated that use of
an underpowered analysis is not desirable; it is preferable to overpower

the analysis if the correct value is not known.

Sensitivity to oversizing the analyzer was tested by run-
ning a computer simulation with a two coefficient (0.25 and -0.90) synthe-
sizer and an analyzer of dimension four. Fifty data samples were divided
into two analysis blocks of dimension 25 each. Five pitch pulses were
placed at locations 21, 22, 23, 24, and 25. The discriminant for the

first analysis block was 0.3203; for the unforced second analysis block,
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the discriminant was 1.7 E~10. Thus, having an overpowered analyzer

did not seem to harm the discriminant functions' ability to identify

force-free intervals.

The discriminant approach to pitch-pulse tracking was

tested on synthetic speech generated by a two-tap synthesizer with coef-

ficient values of 0.25 and ~0.95., For all runs the number of data samples

was 50 and the analysis block size was 25. The analyzer was dimension

two, and five contiguous pitch or excitation pulses were used for all

runs, except runs five and six. The runs differed in the location of

the pitch pulses.

The results of these computer simulations are presented

in Table 2. The force-~free analysis blocks can be identified by a dis-

criminant of essentially zero. Any analysis block containing an excita-

tion pulse has a discriminant greater than or equal to 0.1485.

Table 2

SIMULATION RESULTS

First Block Second Block

Run Number | Pitch Pulse Locations Discriminant Discriminant

1 6, 6, 7, 8, 9 0.590 1.67 E-10
2 21, 22, 23, 24, 25 0.639 1.67 E-10
3 22, 23, 24, 25, 26 0.453 0.295
4 23, 24, 25, 26, 27 0.371 0.462
st 1, 24, 25, 26, 27, 28 0.305 0.392
6* 6, 29, 30, 31, 32, 33 0.1485 0.459

*
Run with six pitch pulses, one of which is sep

arated from the
main group of five pulses.




b. Continuous Excitation

The SUPER BASIC time-share program was modified to permit
the excitation to have a fixed but selectable level during the "off"
period. The ncminal excitation level during the "on' period was set to
unity. The off level could be chosen to be any less than unity. Since
the off level was represented by a constant, it also affected the on
level. Thus, the true on level was always greater than one, being the

sum of the off level plus one.

Experiments were performed for three synthesizing filters.
For Case 1, the synthesizing filter was described by the parameters
al = 0.3 and a2 = 0.2, For Case 2, al = 0.3 and 32 = 0.97. Both of
these tests simulated single-formant speech. Case 3 simulated two-
formant speech; the selected values were = 1.2, 8, = 1.66, a3 = 0.972,
and a4 = 0.689., In all cases the major excitation was present for a
portion of analysis block one, while block two contained only the off-

level excitation. Details of the program that generated these results

are present in the Appendix.

Table 3 presents the simulation results obtained for
Case 1 for two levels of off-period excitation. For a constant 0.01
off-level excitation, good results were obtained for both anilysis blocks;
i.e., the estimated LPC parameters were very close and the discriminant
function during the force-free period was much lower than for the period

when the major excitation was present. However, for the case of a

constant 0.10 off-level excitation, the results were not nearly so good.

Surprisingly, the LPC parameters were farther off in the relatively

L e e o,

force-free period than during the period of major excitation. llowever,

the discriminant function was lower during the force-free period, as

predicted. Unfortunately, the difference between the two discriminants
was not nearly so large as for the preceding case of weaker off-period

excitation. Nevertheless, a distinction did appear possible.
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Table 3

CASE 1--STMULATION RESULTS
Of f-Period Analysis a
Excitation Level Block 1 a2 Discriminant
0.01 1 0.3016 | -0.8994 0.2317
2 0.3009 | -0.8943 1.7 E-03
0.10 1 0.3295 | -0.8811 0.2699
2 0.3691 | -0.8029 0.1399

Table 4 presents the test

tions were run for off-period excitation

and 1 E-01, respectively. Table 4 shows

were obtained by using the discriminant function to isolate force-free

periods.

results for Case 2. Here simula-
levels of 1 E-04, 1 E-03, 1 E=-02,

that for all cases, good results

b

Table 4
CASE 2--SIMULATION RESULTS
Off-Period Analysis
& a
Excitation Level | Block 5 2 Discriminant

0.0001 1 0.3142 | -0.9605 | 0.2317

2 0.3329 | -0.9527 | 2.8 E-02
0.001 1 0.3000 | -0.9700 | 0.202

2 0.3002 | -0.9699 | 3.28 E-06
0.01 1 0.3005 | -0.9699 | 0.2044

2 0.3024 | -0.96933 | 3.25 E-04
0.1 1 0.3142 | -0.9605 | 0.2317

2 0.3329 | -0.9527 | 2.8 E-02
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The results for Case 3 are presented in Table 5 for off-
period excitation levels of 1 E-05, 1 E-03, 1 E-02, and 1 E=01. Good
separation of off and on periods was provided by the discriminant func-
tion for all cases except for the highest level of off-period excitation,
Separation is still possible, but the difference between the two values
is not as high as desired. It is not clear that separation is possible

for all possible speech waveforms. However, success was achieved for

all cases.

Table 5

CASE 3-~SIMULATION RESULTS

Off-Period Analysis 3
a a
Excitation Level| Block a1 2 3 14 Discriminant
0.00001 1 1.2000{-1.6599]0.97200|-0.6889]| 0.1659
1.2000|-1.6600/0.9720 |-0.6890| 1.24 E-08
0.001 1 1.2002]-1.6598|0.9720 |-0.6885| 0.166
2 1.2028]|-1.6652(0.9762 {-0.6918| 1.25 E-04
0.01 1 1.20351-1.6579|0.9725 |-0.6844| 0.1677
2 1.2627 -1.7273‘1.0286 -0.7011| 1.17 E-02
0.1 1 1.27161-1.6362|0.9912 |-0.6153}| 0.195
1.95 -2.0791(1.3497 |-0.4218| 0.1063

Figure 10 plots the discriminant function ti.e., the
normalized residual energy) during the off period as a function of the
off-period excitation level. On the basis of the test cases, if the
real speech processed has off periods where the excitation is less than
ten percent of the peak glottal pulse, it should be possible to recognize

these periods from the discriminant function.
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Qo Summary of Test Results

Extremely successful results were obtained with synthetic
speech. Consequently, tests were run on real speech; unfortunately,

very poor results were obtained. Difficulties with some speech segments
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had been expected. However, experiments could not obtain the desired

result (a successfully deconvolved glottal pulse) for any segments of
*

real speech. For a few segments a tendency to produce the glottal

pulse appeared, but it was heavily masked by spurious high-frequency

oscillations.

As a result of these discouraging results, the force-free
discriminant function approach was temporarily dropped. Later we dis-
covered the reason for the complete failure was that the residual re-
quired integration to cancel the effects of the radiation resistance.
Without this integration, the high-frequency noise effects caused by
imperfections in the analysis and in the modeling are not sufficiently
suppressed, and the glottal pulse shape is distorted due to the dif-
ferentiation associated with launching the acoustic wave from the lips.
Fortunately, the integration requirement was discovered before subsequent
testing of the spectral-averaging method; thus, this approach did not

encounter the problem of masking by spurious high-frequency oscillations.

In principle, the spectral-averaging approach is less
sensitive to the character and the details of the glottal source than
is the force-free method. Consequently, our research efforts were con-

centrated on the former approach and are reported in the following para-

graphs.

3. Discriminant Approach Based on Spectral Averaging

The force-free method of discriminant analysis could possibly

be made to function for many speakers and many phonemes, but it is

These tests consisted of observing the residual waveform rather than
calculating the discriminant function.
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doubtful how well it would work for all speech. Furthermore, it has the

disadvantage of requiring a large amount of computation.

An attractive alternative is suggested by the spectral-averaging
approach proposed and tested by Curtis and Allen.!” Here we perform a
Toeplitz, llamming-windowed LPC analysis over a large window (approximately
25 ms) on preemphasized speech. The LPC parameters so derived are used
in the inverse filter to foim a residual signal. The discriminant func-
tion is then evaluated by measuring the moving average of the normalized
(with respect to the signal power) residual energy over a short block
of 20 to 30 samples. This procedure has several advantages. First,
it requires far fewer calculations than does the force-free period method.
Second, it should be less sensitive to phase distortion effects. Third,
it should be less sensitive to the presence of constant excitation due

to incomplete glottal stops.

Note that the spectral-averaging discriminant function approach
is fairly straightforward. A special LPC analysis is performed and the
residual created. The integrated residual is treated by a simple non-
linearity, the square-law operation, to emphasize the peaks and then is
averaged over a modest number of samples. This operation is not much
different from some of the ideas presented by Atal and Hanauer for time-
domain pitch extraction. They suggest using a cubic nonlinearity to
emphasize peaks, but they do no averaging. We expect that averaging

would improve performance significantly.

We terminated this work to concentrate on the short-term memory
encoding approach. Consequently, the discriminant approach was not pur-
sued with real speech. IMHowever, for further studies, the spectral-
averaging approach appears to be clearly superior to the force-free ap-

proach.
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E. Formant-Isolation Analysis

In this section we describe an approach to time-domain pitch ex-
traction that attempts to avoid one major problem in pitch-pulse place-
ment. Hypothetically, a problem exists when the first and second formants
of speech are close in frequency. In this case, depending on the phase
relations between the two formants, destructive interference can result.
The result is that the signal peaks may wander even though the pitch is
constant. In short, for these phonemes it is difficult even for a human

to correctly place pitch pulses.

The intent of the formant-isolation approach is to separate the
individual formants so that pitch extraction can be performed on each
of the formant frequency pass bands separately, without interference
from signal energy at the other formant frequencies. In this case,
accurate placement of pitch pulses should be possible. Isolation is
achieved using bandpass filters centered at each of the first two formants,
which requires that the first two formants be extracted by some method.
The proposed approach uses peaking-picking routines based on the power
spectrum envelope derived from an LPC analysis. Figure 11 is a block

diagram of the formant-isolation pitch extractor.

The bandwidth of the formant-isolation filters should be narrow
enough to avoid the other formant but should not be too narrow, if time
resolution problems are to be avoided. In some cases, varying the filter
bandwidth between two values to accommodate very close formants may be

desirable.

A major goal of the formant-isolation approach is to simplify wave-
forms so that simple time-domain pitch extractors can be applied on each
formant. While these simple pitch extractors may not funetion perfectly,
it is hoped that a decision circuit operating on hoth extraetors may

correct the errors made by any one channel. Thus, the system is similar
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FIGURE 11 BLOCK DIAGRAM OF THE FORMANT-ISOLATION PITCH EXTRACTOR

to the parallel processing concept of Gold and Rabiner.® 1In fact, we

have adopted many of their time-domain pitch extraction concepts.

1 Formant-Tracking Filters

The primary motive for filtering the acoustical signal before
extracting pitch is to provide a "cleaner’ signal while preserving pitch
information. We hypothesize that proper filtering will improve pitch

detection in the presence of noise and wlien amplitude and phase distortion
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occurs, €.g., in phone cirecuits. However, the speech signals treated
here have high signal-to-noise ratio (SNR)--greater than 40 dB--and
minimal distortion. Thus, we will not consider SNR improvement and

distortion at this point.

Speech signals transmitted over phone circuits with bandwidths
of 300 to 3000 Hz still retain perceptual pitch. Fant's model for non-
nasalized vowels indicates the signal energy in this frequency range
can be attributed to three or four poles or formants.!® The time history
of these primary formants is called the F pattern, where the formant
pole traces are denoted F1, F2, F3, and F4. In the frequency domain,
harmonics of the pitch frequency close to these pole locations are
emphasized. The time-domain interpretation (subsequently discussed)
follows from Fant's cascade, four-stage vocal tract filter, which can
be transformed into a parallel filter by a partial-fraction expansion.
Each stage then corresponds to a bandpass filter with the formant fre-
quency as center frequency and the glottal pulse as cxcitntion.* Isoia-
tion of each branch's output should give a cleaner waveform for pitch
extraction even when no fundamental is present; i.e., interference from

-

the other formar 7 be eliminated by the formant isolation.

a. Filter Characteristics

A bandpass filter centered at the formant frequency with
linear phase (to reduce distortion due to changing center frequency)
and with steep skirts (to reject other formants) will emphasize the
time response from one branch or channel. A Lerner filter design was

used to specifv a digital recursive filter with the desired properties

*
1t is assumed that each formant is excited simultaneously with the

others.
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of linear phase and steep skirts.'* For a three-stage filter, one pole

pair is placed at the desired center frequency, fc, with the other two
pole pairs placed *2a from fc, respectively. All pole pairs have real
parts equal to b. The residue of the center pole pair is b and -b/2
for the two outside pole pairs. Thus, the center frequency, fc, and
bandwidth, bw = 2a, completely specify the filter parameters when the
ratio b/a is set. With this ratio the theoretical equation for in-band
attenuation and phase is

2
IH(w)I ~ TN/a (1 + N cos M/a + ...)

L H(w) = —umn/(2a) -~ T sin me/a + ... (8)

where
= exp(- mh/2a) .

Thus H(v) approximates a constant magnitude with a periodic ripple of

T

relative magnitude, , and a constant time delay of 7/2a with a maximum
2

periodic error of T . For b/a = 1.5 the theoretical amplitude and phase

errors are *0.9 percent and *0.6 degrees., The filter skirts give 40-dB

rejection at fc * 6a Hz.

The importance of linear phase filters can be experimen-
tally demonstrated. The center frequency (and possibly the bandwidth)
of each formant isolation filter must be changed periodically. The
changes cause transient effects that can produce errors in the simple
time-domain pitch extractors. Linear phase filters appear to minimize

these transient effects (see Figure 12).

The bottom trace of Figure 12(a) shows the output of a
three-stage, 500-Hz bandwidth, bandpass Butterworth filter. The sharp

discontinuity occurs at the point when f changed from 546 to 351 Hz.
(©
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(b) 3-STAGE LERNER FILTER
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FIGURE 12 OUTPUT SIGNALS FROM FORMANT-TRACKING FILTERS
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The bottom trace of Figure 12(b) shows the output of a three-stage Lerner

filter of the same bandwidth processing the same speech segment. Note
the abscnce of a pronounced transient. The superior performance of the
Lerner filter is due to its superior group delay-versus-frequency charac-

teristic.

b. Formant Tracking

The most critical problem for tracking filters operating
on speech signals is estimating the filter center frequency. Formants
can be casy to estimate and track during nonnasalized vowels, where
Fant's F pattern is a reasonably complete description of the signal
characteristics. However, during nasals, liquids, nasalized vowels, and
a few other voiced speech segments, additional poles and possibly zeros
must be added to the model for a complete description, The F pattern is
still present and varies continuously, but the zeros may mask one or
more F-pattern poles so that detection is hampered:; i.e. formant track-
ing in general is a most difficult problem. For our purposes here,
however, completely solving the formant tracking problem is not necessaryv,
We do not need correct labeling or ordering of the formants; we need only
the frequency regions of high onergy.* Another simplifyving factor is
that we do not need to estimate all of the formant frequencies; the
first and possibly the second are sufficient. In spite of these simpli-
lications, a difficult problem remains. Simple peak picking on the short-

term spectrum is not enough.

Nevertheless, we are interested in a reduced-complexity,

formant-tracking algorithm, which is required if the formant-isolation

*
Correct ordering can be difficult when tormantis merge.




approach is to be practical. One algorithm can be stated very simply

for the lowest frequency tracking filter; i.e., track the pole corre-
sponding to the first energy peak in the short-term spectrum. In addi-
tion, we impose the constraint that the center frequency must vary con-
tinuously. Presently, a Newton-Raphson polynominal root-finding technique
is used for the polynominal formed from the LPC coefficients for one
analysis epoch. However, other algorithms could be used. Note that

the frequency estimates need not be exact; this may permit algorithm
simplification. The estimates ure checked over three successive epochs
for continuity. If the middle estimate is greater by a set of threshold
value than the previous sample and if the previous and next sample are
within a threshold value of each other, then the middle sample is re-
placed by the average of the previous and next sample. This is the

only smoothing required to give good tracking for Fl. This algorithm

is slightly different from more conventional techniques (sece McCandless)!®
in that estimates are not averaged to smooth the transitions unless a

sample is skipped.

Generating an estimate for the next energy pcak (which

may be F2 in some cases) is much more difficult. The second formant

changes much more rapidly over a wide frequency range. In addition, the

nasal formant is often mistaken for the second formant on the basis of
energy peaks. Although one can clearly identify a set of poles in the
appropriate region, finding a smooth f{requency track is not alwavs pos-
sible. Successful smoothing algorithms<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>